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(54) Portable communication device 

(57) A communication device 1 comprises a first 
portion 10,20,30,41,50,100, having a first modulation 
means 41 operating at a first order of modulation, for 
transmitting and receiving voice signals; a second por- 
tion 20,30,42,50,100, having a second modulation 
means 42 operating at a second order of modulation, 



for transmitting and receiving digital signals at a higher 
data rate than is achievable by the first portion; and a 
data conversion means 20,30,100 operable to convert 
from or into voice signals intended for processing by the 
first portion into or from digital signals for processing by 
the second portion. 
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Description 

Field of the Invention 

[0001] The present invention relates particularly to a 
portable communication device and to a method for per- 
forming radio communication. 

Background of the Invention 

[0002] Digital portable communication devices for 
communicating voice signals have been successfully 
developed and manufactured. In particular, GSM devic- 
es have been particularly successful for communicating 
voice signals. However, voice signals require only a rel- 
atively small bandwidth compared to video or other mul- 
timedia signals. In order to provide communication de- 
vices with a larger bandwidth capability for transmitting 
data signals such as video signals, it has been proposed 
to develop a device which incorporates a data portion 
for dealing with data signals requiring a higher band- 
width than voice signals. The data portion achieves the 
higher bandwidth by using a higher order of modulation 
compared to GSM. The use of a higher order of modu- 
lation will require new base stations to be deployed 
which are capable of dealing with the higher order of 
modulation, and each such base station will only be able 
to cover a smaller geographical area than a convention- 
al GSM base station. For these reasons, the data portion 
will often not be able to work in places where a conven- 
tional GSM communication device would be able to 
work unless and until full coverage by the new base- 
stations is achieved. Therefore, according to one pro- 
posal for providing an improved data rate, referred to as 
Enhanced Data-rate for GSM Evolution (EDGE) it is pro- 
posed that all larger data capability devices will also in- 
clude a separate GSM portion for dealing with voice sig- 
nals. 

Summary of the Invention 

[0003] According to a first aspect of the present inven- 
tion, there is provided a communication device compris- 
ing: a first portion, having a first modulation means op- 
erating at a first order of modulation, for transmitting and 
receiving voice signals; a second portion, having a sec- 
ond modulation means operating at a second order of 
modulation, for transmitting and receiving digital signals 
at a higher data rate than is achievable by the first por- 
tion; and a data conversion means operable to convert 
from or into voice signals intended for processing by the 
first portion into or from digital signals for processing by 
the second portion. 

[0004] The term order of modulation is used here to 
refer to the number of bits which each transmitted or re- 
ceived symbol represents. Thus in GSM, a modulation 
scheme referred to as GMSK (Gaussian Minimum Shift 
Keying) is used in which each symbol represents only 
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a single bit, and this corresponds to a single order of 
modulation. In an alternative modulation scheme re- 
ferred to as 8PSK, each symbol represents 3 bits of data 
which corresponds to a triple order of modulation. Ac- 

5 cording to a preferred embodiment of the present inven- 
tion, the first order of modulation is preferably a single 
order of modulation, and the second order of modulation 
is preferably a triple order of modulation although it may 
be only a double order of modulation. 

10 [0005] A device according to the present invention en- 
ables certain advantages associated with sending voice 
signals at a higher data rate than is achievable by the 
GSM portion. For example, when a higher data rate is 
available for sending voice signals (because a base sta- 

is tion and handset both able to demodulate the higher or- 
der of modulation are sufficiently close to one another), 
it is possible to provide more protection to the encoded 
voice signals to render the signals less susceptible to 
distortion as a result of interference on the channel, etc. 

20 Alternatively, in a particularly advantageous embodi- 
ment, it is possible to use voice signals encoded by a 
vocoder adapted for use with GMSK modulation in a full 
rate type multiplexing scheme in which one time-slot is 
required in every Time Division Multiple Access (TDMA) 

25 frame (i.e. a full-rate vocoder), in a half-rate type multi- 
plexing scheme which requires an allocation of only one 
time-slot in every two TDMA frames with 8PSK modu- 
lation, thus permitting twice as many users in a single 
cell as in the conventional case (i.e. Twice as many as 

30 would be possible with a GSM device using a full-rate 
vocoder) without the disadvantages associated with us- 
ing a half-rate vocoder (ie of using less information to 
represent the speech signal input to the vocoder and 
thus being more susceptible to errors associated with of 

35 the loss of one or more bursts). 

[0006] The basic multiplexing schemes (FR and HR) 
used in higher order of modulation are the same as in 
lower order of modulation. The same mapping of bursts 
in the TDMA frames apply. 

40 [0007] Furthermore, the data conversion means ac- 
cording to the present invention may be surprisingly sim- 
ple as result of the use by the second portion of a higher 
order of modulation resulting in an integer-multiple in- 
crease in the data rate available via the second portion 

45 compared with the first (GSM) portion (e.g. 2 or 3, etc. 
times the data rate achievable by the first portion). Ad- 
ditionally, conventional GSM vocoders may be used in 
the device according to the present invention and they 
may be used to generate or to decode the signals to be 

50 transmitted or having been received by either the first 
or second portions. That is to say, that the data conver- 
sion means will simply work with the conventional GSM 
vocoders and does not require any vocoding means of 
its own. 

55 [0008] The data conversion means preferably com- 
prises a digital signal processor with some spare 
processing capacity. According to one preferred embod- 
iment, the data conversion means comprises a channel 
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coding means together with a multiplexing and inter- 
leaving means and a controller able to alter the mode of 
operation of the channel coding means and the multi- 
plexing and interleaving means in such a way as either 
to provide bursts of data suitable for modulation by the 
first modulation means or by the second modulation 
means. 

[0009] According to a second aspect of the present 
invention, there is provided a method of transmitting a 
voice signal comprising the steps of generating a first 
data signal representative of the voice signal to be trans- 
mitted, selecting between a first portion, having a first 
modulation means operating at a first order of modula- 
tion, for transmitting and receiving voice signals, and a 
second portion, having a second modulation means op- 
erating at a second order of modulation, for transmitting 
and receiving digital signals at a higher data rate than 
is achievable by the first portion, and, if the second por- 
tion is selected, converting the first data signal repre- 
sentative of the voice signal to be transmitted into a sec- 
ond data signal representative of the voice signal to be 
transmitted. 

[0010] Preferably the step of selecting between the 
first and second portions includes assessing whether or 
not the second portion is in a location where it is able to 
communicate with a suitable receiver. That is to say, if 
a receiver capable of demodulating the signals transmit- 
ted by the second portion is sufficiently close to the de- 
vice containing the second portion as to be able to re- 
ceive signals transmitted by the second portion without 
excessive distortion, then the second portion will pref- 
erably be selected; otherwise, the first portion will pref- 
erably be selected. 

[0011] According to a third aspect of the present in- 
vention, there is provided a method of receiving a voice 
signal comprising the steps of selecting between a first 
portion, having a first modulation means operating at a 
first order of modulation, for transmitting and receiving 
voice signals, and a second portion, having a second 
modulation means operating at a second order of mod- 
ulation, for transmitting and receiving digital signals at 
a higher data rate than is achievable by the first portion, 
and, if the second portion is selected, converting the out- 
put signal from the second portion into a digital voice 
signal for conversion by a suitable GSM decoder. 
[0012] Preferably the step of selecting between the 
first and second portions includes assessing whether or 
not the second portion is in a location where it is able to 
communicate with a suitable transmitter. That is to say, 
if a transmitter capable of modulating the signals for re- 
ception by the second portion is sufficiently close to the 
device containing the second portion as to be able to 
transmit signals to the second portion without excessive 
distortion, then the second portion will preferably be se- 
lected; otherwise, the first portion will preferably be se- 
lected. 
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Brief Description of the Drawings 

[001 3] In order that the present invention may be bet- 
ter understood, an embodiment thereof will now be de- 
5 scribed, by way of example only, with reference to the 
accompanying drawings in which:- 

Figure 1 is a block diagram which conceptually il- 
lustrates an embodiment of the present invention; 
and 

Figure 2 is a block diagram illustrating three multi- 
plexing and interleaving schemes in accordance 
with the present invention. 

Detailed Description of the Invention 

[0014] Figure 1 illustrates in block diagram format 
some of the transmission circuitry for use in a portable 
communication device in accordance with the present 
invention. The transmission circuitry 1 comprises a voc- 
oder 10, channel coding means or codec 20, multiplex- 
ing and interleaving means 30, first modulation means 
41 , second modulation means 42, aerial 50 and control- 
ling means 100. This circuitry 1 is able to transmit 
speech signals either in a conventional manner using a 
conventional Gaussian Minimum Shift Keying modula- 
tion technique (using the first modulation means 41) or 
by taking advantage of the higher data rates achievable 
when a higher order modulation means (such as the 
second modulation means 42). 

[0015] To transmit speech signals in a conventional 
manner, the speech signal to be transmitted is input to 
vocoder 10 which outputs a digital signal which is rep- 
resentative of the input signal. Such a vocoder for use 
in a GSM system is well known and will not be described 
here in detail, except to comment that different vocoders 
are known for use in GSM systems. These GSM voco- 
ders can be mapped either on Full Rate (FR) multiplex- 
ing scheme or on Half Rate (HR) multiplexing scheme 
(described below). 

[0016] The digital signal output by the vocoder 10 is 
input to codec 20 together with any additional data to be 
transmitted such as Fast Associated Control CHannel 
(FACCH) data or Slow Associated Control CHannel 
(SACCH) data. The codec 20 essentially processes the 
data signals input to it to generate output signals which 
correspond to the input signals but which include an 
amount of redundancy therein such that if some bits in 
the signal are 'lost' the receiver will usually be able to 
detect that there has been such a loss and may even 
be able to recover the lost bits. Again, the operation of 
suitable codecs are well known and the operation of co- 
dec 20 will not be further discussed in relation to con- 
ventional GSM speech transmission, except to say that 
when the circuitry is operating in the conventional mode, 
with vocoder 10 outputting a digital signal at less than 
22.8 kbfts/s (typically 1 3 kbits/s), codec 20 will output a 
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channel coded speech signal at approximately 22.8 
kbits/s. 

[0017] The coded speech signal output by the codec 
20 is input to the multiplexing and interleaving means 
30 whose operation is also well known and understood 
in the art and whose operation will only therefore be 
briefly discussed here. Multiplexing and interleaving 
means 30 receives a number of different signals simul- 
taneously and multiplexes them (i.e. it determines which 
order the signals will be sent in). It also performs inter- 
leaving (e.g. dispatching bits of a block of data into 
groups of data, each group of data being destined to be 
sent in its own respective burst). In the conventional 
GSM mode the multiplexing and interleaving means or- 
ganises the interleaved groups (together with some 
burst format data bits and a midamble) into burst groups 
which are delivered to the first modulation means 41 (a 
GMSK modulator) at appropriately spaced times to oc- 
cupy well defined periodic timeslots within the TDMA 
frame structure once the burst groups have been used 
to modulate the appropriate carrier frequency by the 
modulation means 41. The signal output by the modu- 
lation means 41 is radiated by means of aerial 50. 
[0018] The mode of operation of the channel codec 
20 and multiplexing and interleaving means 30 is deter- 
mined by the controller 100. Thus, when the transmitting 
circuitry is in a location in which ft can communicate with 
a receiver adapted to receive signals modulated by the 
second modulation means 42, the controller may cause 
the channel codec 20 and multiplexing and interleaving 
means 30 to operate in any one of a number of alterna- 
tive modes for advantageously transmitting speech sig- 
nals. Note that in all these alternative modes of opera- 
tion, the operation of the vocoder 10 is unaffected (dif- 
ferent types of vocoder may be used - e.g. HR or EFR 
vocoders - resulting in different modes of operation of 
the channel codec 20 and multiplexing and interleaving 
means 30, but the operation of the vocoders is not al- 
tered). Referring to Figure 2, the mode of operation is 
chosen so the data rate after channel coding is equal to 
a.22.8kbps for FR schemes and a.11. 4kbps for HR 
schemes. 

[0019] Referring still to Figure 2, three alternative or 
non-conventional modes of operation of the channel co- 
dec 20 and multiplexing and interleaving means 30 will 
now be described. In all three methods to be described, 
the multiplexing and interleaving means 30 outputs 
burst groups of data not to the first modulation means 
41 but to the second modulation means 42 which oper- 
ates at a higher order of modulation than the first mod- 
ulation means 41 . Note that the first modulation means 
is a GMSK modulator which means that each modulat- 
ing symbol can only be 1 bit; by contrast, with the second 
modulation means each symbol can represent 2, 3 or 
possibly more bits depending on the order of modulation 
ot the second modulation means 42. Thus, for example, 
the second modulation means may be an 8 position 
Phase Shift Keyed (8PSK) modulator which can cope 



with 3-bit symbols or a 4 position PSK modulator which 
can cope with 2-bit symbols. 

[0020] The block diagram of Figure 2 illustrates 3 pos- 
sible alternative modes of operation of the channel co- 

5 dec 20 and multiplexing and interleaving means 30 
(MODE A1, MODE A2, MODE A3). Note, all of the ar- 
rows (which represent signals) are double-ended to in- 
dicate that the processes are essentially reversible with 
left to right movement of signals representing transmis- 

io sion and right to left representing reception. 

[0021] In Mode A1 , an FR vocoder 1 0 generates typ- 
ically a 13kbits/s signal (in fact it generates blocks of 
260 bits every 20 ms) in a known manner and commu- 
nicates this to the channel codec 20; channel codec 20 

is performs suitable coding on this signal to generate a 
protected signal having a data rate of up to a. 1 1 .4kbits/ 
s (corresponding to blocks of a times 228 bits every 20 
ms). A number of algorithms suitable for performing 
such channel coding will be readily apparent to persons 

20 skilled in the art based on the type of algorithms current- 
ly known for performing channel coding when operating 
in a conventional mode; indeed, where oc=2 (corre- 
sponding to modulation means 42 having a double order 
of modulation) the output rate from the channel codec 

25 20 is optimally 22.8kbits/s which is the same as for full 
rate multiplexing in the conventional GSM case, and 
therefore in this case it is possible for the channel codec 
20 to use exactly the same channel coding (and there- 
fore channel coding algorithm) as for conventional Full 

30 rate speech coding. If a=3 which is the 8PSK case, a 
different channel coding can be used which introduces 
more redundancy and therefore protection to the signal 
input to the channel codec 20. Suitable such channel 
coding is not explicitly described herein but is readily 

35 devisable by a person skilled in the art. The entire traffic 
channel after the vocoder 10 will be referred to below 
as TCH/HSa (Half -rate Speech Traffic CHannel - the "a" 
suffix indicates that this is not the conventional Half-rate 
Speech Traffic CHannel TCH/HSa). 

40 [0022] The interleaving process in MODE A1 divides 
up and arranges the coded signals belonging to the 
TCH/HSa channel input to the multiplexing and inter- 
leaving means 30 into burst groups tor transmission in 
separate frames in a corresponding manner to the way 

45 in which it is done for the conventional TCH/HS channel. 
That is, each block of data (of up to a times 228 bits) 
output by the channel codec 20 is separated into 4 
groups of data (of up to a times 57 bits) each of which 
will occupy substantially half a burst (i.e. a times 57 bits 

so excluding the midamble), and these groups are diago- 
nally interleaved over 4 alternate frames (i.e. 8 frames 
in total, but a single burst is transmitted only in every 
other frame - each frame having a duration of 8 burst 
periods - the corresponding time slots in each interme- 

ss diate frame being reserved for use by another U6er). The 
only difference in the groups of data for transmission in 
a single burst between TCH/HSa and TCH/HS is that 
each group in the MODE A1 TCH/HSa will contain a 



EP 1 035 660 A1 



8 



times 57bits instead of only 57bits in the conventional 
TCH/HS. 

[0023] Turning now to the FACCH/Ha channel (asso- 
ciated with MODE A1), when a block of Fast Associated 
Control data needs to be transmitted, a block comprising 
1 84 bits is input to the channel codec 20 which performs 
suitable coding on this block to generate a block of a 
times 228 bits; as before, if a = 2, the same coding can 
be used as for conventional FACCH/F data, otherwise 
(i.e. if a = 3 or more) a new type of coding can be used 
which will give more redundancy and thus more protec- 
tion to the control data. As in the conventional case for 
FACCH/F data, a whole speech block is stolen by the 
FACCH/Ha under the direction of the multiplexing and 
interleaving means 30, and then sent as a 4 deep diag- 
onally interleaved set. Note this is different to the con- 
ventional case for the FACCH/H channel in which each 
coded block of control data is twice as large as a coded 
speech block, resulting in 2 adjacent speech blocks be- 
ing stolen and a half diagonal, half rectangular interleav- 
ing scheme which is 6 deep. 

[0024] Turning now to the SACCH/Tha channel (as- 
sociated with MODE A1 ), a block of SACCH data (of 1 84 
bits) needs to be sent every 480 ms (corresponding to 
a data rate of 0.383 kbits/s); this corresponds to one 
block of SACCH being sent for every 1 04 TDMA frames 
(each of which comprises 8 burst periods only one of 
which is used by a single handset) or over 4 multi-frames 
(each multi-frame comprising 26 frames). As in conven- 
tional half rate and full rate schemes, only one SACCH 
burst is sent in every multi-frame, and 4 multi-frames 
must be received to receive a full block of SACCH data. 
The difference is that owing to the higher order of mod- 
ulation, each burst can carry a times the amount of data 
compared to either conventional case (i.e. half rate or 
full rate) such that channel codec 20 can use a new 
channel coding algorithm which introduces up to a times 
the redundancy, and therefore the protection, to the 
SACCH data. 

[0025] MODE A1 offers the advantages of the con- 
ventional half rate speech mode, namely that on aver- 
age only 1 in every 16 burst periods (i.e. every two 
frames) is required thus allowing 2 dedicated speech 
channels but overcomes most of the disadvantages as- 
sociated with the conventional half rate speech mode, 
namely the poor quality of speech transmitted in practice 
owing to there being insufficient protection and inter- 
leaving to allow error correction at the receiver end. Sur- 
prisingly, MODE A1 provides for sufficiently good 
speech quality to make it acceptable to network opera- 
tors despite still only having an interleaving depth of 4 
because of the use of full rate vocoders together with 
more protection of the output signal from the vocoder 
than is possible in the conventional half rate mode. The 
other advantage of using MODE A1 is that power con- 
sumed by a portable communications device can be re- 
duced as a result of having to transmit almost half as 
many bursts as in the conventional case (although this 



benefit will be reduced by any extra power consumption 
of the more complex second modulation means com- 
pared to the first modulation means). 
[0026] Turning now to MODE A2, this mode is very 
5 similar to the conventional full rate speech mode except 
that the output from the channel codec 20 is a times as 
great as in the conventional case enabling much more 
redundancy and therefore protection of the coded 
speech signal. This mode will be more robust than the 
10 conventional full rate speech mode and will therefore be 
suited for occasions when the speech quality is poor in 
the conventional full rate mode as a result of being lo- 
cated in a particularly adverse location (e.g. tots of dif- 
ferently sized buildings or similar obstructions). 
is [0027] MODE A3 is very similar to the conventional 
half rate speech mode except that the output from the 
channel codec 20 is a times as great as in the conven- 
tional case enabling much more redundancy and there- 
fore protection of the coded speech signal. This mode 
20 will be more robust than the conventional half rate 
speech mode and will therefore be acceptable to net- 
work operators who currently do not use conventional 
half rate modes because the speech quality is generally 
unsatisfactorily poor. Note in this case, unlike in MODE 
25 A1, a block of FACCH data after channel coding by 
channel codec 20 contains up to twice as many bits as 
each speech block after coding from the channel codec 
20, and thus each FACCH block steals 2 speech blocks 
and is interleaved in the conventional way for the con- 
30 ventional half rate mode (i.e. over 6 frames in a half di- 
agonal, half rectangular manner as is well known in the 
art). Clearly to contain up to twice as many bits as a 
speech block, the block of FACCH data has been given 
much more protection by the channel codec 20 than in 
35 the conventional half rate case; this is useful in cases 
where the choice of higher order modulation causes 
more errors in interpreting the symbol exactly correctly. 
[0028] Many alternative embodiments in accordance 
with the present invention may be envisaged such as 
40 quarter rate modes in which only one frame in every four 
(on average) is used to form a single dedicated channel 
when a sufficiently high order of modulation is used to 
enableasingle block of speech, after channel encoding, 
to be divided into 2 groups of data each of which will 
45 occupy half a burst and to be transmitted over 2 frames 
using diagonal interleaving. In such a quarter rate mode, 
SACCH data, after channel encoding, preferably occu- 
pies only 2 full bursts and is ideally diagonally inter- 
leaved over 4 multif rames with another block of SACCH 
so data belonging to a different channel. 

[0029] Furthermore, it will be apparent that the 
present invention also applies to base stations as it does 
to portable communication devices or mobile units with 
the relevant modifications which are necessary for base 
55 stations compared to mobile units. 

[0030] Similarly, hybrid modes of operation of those 
described above may be employed such as, for exam- 
ple, using a half rate type mode in which each block of 
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FACCH data, after channel encoding, is only as large 
as a single block of speech data after encoding and 
therefore need only steal a single block of speech data 
as in MODE A1 type operation. 

[0031] Similarly, new vocoder types could be speci- 
fied together with channel coding to operate with the 
second modulation means. In that latest case, the mul- 
tiplexing schemes can remain as tor the second modu- 
lation means as long as the bit rate at the output of the 
channel coder does not exceed <x.22.8kbps for FR and 
a. 11. 4kbps for HR. 



Claims 

1 . A communication device comprising: a first portion, 
having a first modulation means operating at a first 
order of modulation, for transmitting and receiving 
voice signals; a second portion, having a second 
modulation means operating at a second order of 
modulation, for transmitting and receiving digital 
signals at a higher data rate than is achievable by 
the first portion; and a data conversion means op- 
erable to convert from or into voice signals intended 
for processing by the first portion into or from digital 
signals for processing by the second portion. 

2. A communication device as claimed in claim 1 
wherein the first order of modulation is a single or- 
der of modulation, and the second order of modu- 
lation is a triple order of modulation. 

3. A communication device as claimed in claim 1 
wherein the first order of modulation is a single or- 
der of modulation, and the second order of modu- 
lation is a double order of modulation. 

4. A communication device as claimed in any one of 
the preceding claims wherein the second modula- 
tion means reuses the same full rate and half rate 
multiplexing schemes as the first modulation 
means. 

5. A communication device as claimed in any one of 
the preceding claims wherein voice signals encod- 
ed by a vocoder adapted for use in a full rate 
scheme are used in a half-rate type multiplexing 
scheme. 

6. A communication device as claimed in any one of 
the preceding claims wherein the data conversion 
means comprises a channel coding means together 
with a multiplexing and interleaving means and a 
controller able to after the mode of operation of the 
channel coding means and the multiplexing and in- 
terleaving means in such a way as either to provide 
bursts of data suitable for modulation by the first 
modulation means or by the second modulation 



means. 

7. A communication device as claimed in any one of 
the preceding claims wherein the communication 

s device is a portable communication device. 

8. A communication device as claimed in any one of 
the preceding claims wherein the communication 
device is a base station. 

10 

9. A method of transmitting a voice signal comprising 
the steps of generating a first data signal represent- 
ative of the voice signal to be transmitted, selecting 
between a first portion, having a first modulation 

is means operating at a first order of modulation, for 
transmitting and receiving voice signals, and a sec- 
ond portion, having a second modulation means op- 
erating at a second order of modulation, for trans- 
mitting and receiving digital signals at a higher data 

20 rate than is achievable by the first portion, and, if 
the second portion is selected, converting the first 
data signal representative of the voice signal to be 
transmitted into a second data signal representative 
of the voice signal to be transmitted. 

25 

1 0. A method of receiving a voice signal comprising the 
steps of selecting between a first portion, having a 
first modulation means operating at a first order of 
modulation, for transmitting and receiving voice sig- 

30 nals, and a second portion, having a second mod- 
ulation means operating at a second order of mod- 
ulation, for transmitting and receiving digital signals 
at a higher data rate than is achievable by the first 
portion, and, if the second portion is selected, con- 

3S verting the output signal from the second portion in- 
to a digital voice signal for conversion by a suitable 
voice decoder. 
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